This paper presents a novel approach to single channel speech enhancement in noisy environments. Widely adopted noise reduction techniques based on the spectral subtraction are generally expressed as a spectral gain depending on the signal-to-noise ratio (SNR) [1]- [4] . As the estimation method of the SNR, the well-known decision-directed (DD) estimator of Ephraim and Malah efficiently is known to reduces musical noise in noise frames, but the a priori SNR, which is a crucial parameter of the spectral gain, follows the a posteriori SNR with a delay of one frame in speech frames [5] . Therefore, the noise suppression gain using the delayed a priori SNR, which is estimated by the DD algorithm matches the previous frame rather than the current one, so after noise suppression, this degrades the performance of a noise reduction during abrupt transient parts.
Introduction
Since the demand for speech communication systems in mobile environments is increasing, effective speech enhancement is seen as an indispensable speech processing tool [1] - [4] . Relevant speech enhancement techniques can be expressed as a spectral noise suppression gain, based on the signal-to-noise ratio (SNR) [1] - [4] . However, the application of the spectral gain results in the artifact which is known as the "musical noise" during noise frames. The musical noise comes from the residual noise composed of sinusoidal components randomly distributed over successive frames and sounds disturbing to the listener. A method for significant elimination of the musical noise is the decisiondirected (DD) estimation approach originally proposed by Ephraim and Malah [3] . Cappé analyzed the performance of the DD estimation and demonstrated that the musical noise is strongly reduced by the a priori SNR corresponding to a highly smoothed version of the a posteriori SNR in noise frames, while the a priori SNR follows the a posteriori SNR with a delay of one frame in speech frames. Since the noise suppression gain utilizing a minimum mean-square error (MMSE) mainly depends on the a priori SNR in the case of low SNR, the noise suppression gain using the delayed a priori SNR, which is estimated by the conventional DD scheme matches the previous frame rather than the current version. For this reason, the distortion of the noise suppression gain degrades the quality of the enhanced speech signal, especially in abrupt transient parts [5] .
In this letter, we present a novel and computationally simple a priori estimation technique in noisy speech enhancement. In contrast to the DD estimator, having the fixed weighting factor, the proposed DD estimator utilizes the sigmoid type function for the adaptive weighting factor, where the output value of sigmoid type function is determined by the deviation of the a posteriori SNR. The performance of the proposed algorithm is evaluated by the Perceptual Evaluation of Speech Quality scores (PESQ, ITU-T P.862), the mean opinion score (MOS) and the speech spectrograms under various noise conditions and shown better results than those of the DD estimator using the fixed weighting factor [7] - [9] .
Spectral Gain Function for Speech Enhancement
Let x(t) and d(t) denote the speech and the noise signal, respectively. The noisy speech signal y(t) is given by
Let X(k), D(k) and Y(k) denote the kth spectral component of the speech x(t), the noise d(t) and the noisy speech y(t), respectively. The spectral noise suppression gain depends on two parameters, a posteriori SNR and a priori SNR, defined by γ(k) and ξ(k), respectively [3] .
where E[ · ] denotes the expectation operator. Under the assumption that the spectral components of the noisy speech signal are assumed statistically independent, the MMSE amplitude estimator can be derived from Y(k) only. As a result, the MMSE estimator |X(k)| of |X(k)| is obtained as follows:
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It is useful to consider the estimated speech spectrumX(k) as being achieved from Y(k) by a multiplicative gain function G ξ(k), γ(k) , as given below:
Noise suppression gain G(·, ·) which is achieved by parameters defined by (2) and (3) can be computed as follow [3] :
where υ(k) is defined by
where I 0 and I 1 are the modified Bessel functions of zero and first order, respectively [3] . Also, G(·, ·) shown in (6) represents the noise suppression gain function, which depends only on the a priori and the a posteriori SNR, ξ(k) and γ(k), respectively. The mean square value of the noise D(k) is obtained through a noise power spectrum estimate, which is updated using a voice activity detector (VAD) during the absence of speech [4] , [6] . The a posteriori SNR γ(k) defined by (2) is estimated by using the observed signal Y(k) whereas the a priori SNR ξ(k) is estimated by using the speech signal estimateX(k), refined by the noise suppression rule. In order to estimate the a priori SNR, Ephraim and Malah proposed the decision-directed (DD) approach, as given below:
is used to ensure the positiveness of γ(k, n) − 1. Also,X(k, n − 1) represents the estimated speech spectrum of the kth signal spectral component in the (n − 1)th frame, and α is the weighting factor. Recently, Cappé presented an extensive analysis of the DD approach [5] . In [5] , it is demonstrated that the a priori SNR is the dominant parameter in the gain function of (6), and the a priori SNR has a significantly reduced variance due to a highly smoothed version of the a posteriori SNR in noise frames. Thus, the variance of the gain depending on the a priori SNR also becomes smoother in noise frames. As a consequence, it is discovered that the smoothness of the spectral gain strongly reduces the musical noise artifacts [5] . We can see thatξ(k, n) is obtained from (8) by applying the weighting factor α to an estimate of the instantaneous SNR at the previous frame.
Since the weighting factor α is generally chosen very close to 1, the speech spectra estimated in the previous frame are used to estimate the current a priori SNR and the a priori SNR follows the a posteriori SNR with a delay of one frame when the a posteriori SNR γ(k) exhibits an abrupt increase. This delay is likely to produce undesired gain distortion and thus generate audible distortion during abrupt transient periods. As a result, when the weighting factor α increase, the musical noise is significantly reduced during noise frames, but the speech signal could be distorted during the speech onset periods.
Proposed Adaptive Weighting Factor of the Sigmoid Type Function
In the previous section, we addressed the problem of the tradeoff between musical noise reduction and the speech distortion in transient parts. To cope with this situation [10] , [11] , we propose the adaptive weighting factor incorporating the sigmoid type function. Specifically, the adaptive value based on the sigmoid type function is applied to the weighting factor of the conventional DD scheme according to the transient of the a posteriori SNR, as given below:
where
Through the speech enhancement experiments,α(k) is obtained by using the slope parameter β = 0.4, the offset s 0 = −9, the constant k = −1.5 and σ = 0.99, respectively. As a result, the proposed estimator for the a priori SNRξ P (k, n) ofξ(k, n) is deduced from (8) and is given as follows:
The employed weighting factor using the sigmoid type function is displayed in Fig. 1 for easy comprehension. It is noted that the sigmoid type function of (9) makes the weighting factor α inversely proportional to the change of the a posteriori SNR ∆γ while limiting the value to the interval (α min , α max ). The abrupt transient is characterized by the sudden increases of |∆γ|. Increasing |∆γ| results in decreasing log(1/|∆γ(k)|), and thus the proposed weighting factor α(k) approaches to α min during abrupt transient. Therefore, the low value of the weighting factor is applied to the previous frame during abrupt transient. With this adaptive weighting factor according to the transient, the a priori SNR can appropriately follow the shape of the original speech Fig. 1 The sigmoid type function applied to the weighting factor α. waveform during transient periods. On the otherhand, decreasing |∆γ| results in increasing log(1/|∆γ(k)|), and thus the high value of the weighting factor is applied to the previous frame to maintain the advantage of the DD approach, like the highly reduced musical noise. Figure 2 shows the behaviors of the DD algorithm and the proposed sigmoid type function algorithm for estimating the a priori SNR of the noisy speech signal in conjunction with the original input speech samples. The presented scheme efficiently avoids the delay generated by the DD algorithm, and the shape of the proposed a priori SNR estimator resembles the a posteriori SNR during speech onset periods. This implies that the proposed a priori SNR may be more accurate than the conventional a priori SNR and could improve the performance of the noise suppression gain for speech enhancement.
Experimental Results
In order to evaluate the performance of the proposed the a priori SNR estimation technique, we conducted extensive subjective quality test experiments under the various noise conditions. Actually, Tables 1, 2 and Fig. 3 show the PESQ scores, the MOS and the speech spectrograms, respectively. Table 1 represents the results of the PESQ scores. One hundred test utterances, in which half of the utterances are from male speaker and half are from female speakers. The noise signals include the white, the babble, the vehicle noises from the NOISEX-92 database. The speech signal are sampled at 8 kHz and degraded by the various SNR conditions (5, 10, 15, and 20 dB). The PESQ scores of the conventional DD algorithm are obtained by the weighting factor α = 0.99. The PESQ scores of two algorithm are achieved by computing the PESQ average score of the DD and the proposed estimators. From the PESQ results, we can see that in all tested environmental conditions, the proposed method yielded higher PESQ scores than the DD estimator. Table 2 shows the MOS results using ten test sentences, in which five were spoken by a male speaker and the others were generated by a fe-male speaker and degraded by the various SNR conditions (5, 10, 15 dB). Opinion scores were evaluated by a group of the listeners and then averaged to yield the final MOS results. From the MOS results, it is evident that all noisy conditions, the proposed method yielded higher scores than the conventional DD algorithm. Figure 3 represents the speech spectrograms of enhanced speech signals. The speech spectrograms presented in Fig. 3 use a Hanning window of 256 samples with an overlap of 128 samples and the noisy signals include white noise (SNR=10 dB). Figures (b) and (c) show the spectrograms obtained with the DD algorithm and the proposed algorithm, respectively. In the proposed algorithm, the speech distortion of the enhanced speech is further reduced compared to the DD algorithm during the period of speech.
Conclusion
We have presented a novel speech enhancement algorithm in which the sigmoid type function scheme is adopted for the estimation of the a priori SNR. The DD approach provides a significant musical noise reduction but suffers from audible distortions introduced by a delay of one frame. In the proposed algorithm, the weighting factor is applied according to the transient of the a posteriori SNR. This method solves the delay problem about the a priori SNR while maintaining the benefits of a musical noise reduction. Experimental results have shown that the proposed algorithm yields better PESQ scores, higher the MOS, and lower speech distortion compared with the conventional DD algorithm.
